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Abstract
In this paper, a novel two-element-microphone-array-based
speech enhancement algorithm is proposed. This algorithm is
designed to achieve better overall performance with relatively
small array size. A frequency domain adaptive null-forming
is used, in which adaptive noise cancelation is implemented in
auditory subbands. And an OM-LSA based post�ltering stage
further puri�es the output. The algorithm also features inter-
action between the array processing and the post�lter to make
the �lter adaptation more robust. This approach achieves con-
siderable improvement on signal-to-noise ratio (SNR) and sub-
jective quality of the desired speech. Experiments con�rm the
effectiveness of the proposed system.
Index Terms: microphone array, null-forming, auditory sub-
bands, post�ltering

1. Introduction
Speech enhancement with directionality can be ful�lled by us-
ing microphone arrays, with which we can choose to focus on
signals from a particular direction (the look direction) while
blocking interference from other directions. As portable de-
vices, such as mobile phones, hearing aid equipments, etc., are
concerned, some algorithms, which have been proved to be ef-
fective on larger arrays, can hardly be applicable because of
the limit of size, number of microphones allowed and computa-
tional capability provided on these equipments.

A possible solution is the adaptive null-forming (ANF) put
forward by Elko and Pong [1], and further developed by Luo
et al. [2], which features a simple structure employing two
omni-directional microphones in end-�re orientation with very
little inter-microphone space. Instead of trying to form a nar-
row beam aiming at the speech source, which is hard to achieve
with small size arrays, adaptive null-forming focuses on form-
ing a receiving pattern with a zero point steered to the noise
source adaptively while maintaining the desired signal coming
from the front. This algorithm is very effective and can handle
non-stationary noise. But while encountering great reverber-
ation or more than one noise sources, the performance of the
system will drop to a certain extent. In one of our previous
works, a modi�ed version of adaptive null-forming [3] was pro-
posed to improve the system’s performance on noise reduction
and dealing with multiple interfering sources by applying audi-
tory subband analysis in the algorithm. But its noise canceling
ability is still limited. Besides, multi-band processing in time
domain mentioned in the above approach involves heavy com-
putational load which may not be acceptable to the handhelds.

In this paper, an improved version of adaptive null-forming

algorithm implemented in frequency domain is proposed, as
shown in Fig.1. Microphone signals are analyzed in DFT do-
main and regrouped into auditory subbands according to the
Bark scale, which mimics the auditory characters of human
ears. And nulls are formed adaptively in each band. Compared
with temporal multi-band processing employing analyzing �l-
terbanks which are computationally expensive, the proposed
method is much more suitable for embedded implementation.

To further suppress the undesired components, post�lter-
ing techniques are often preferable [4]. Traditional post�lters
[5, 6, 7] employ the auto- and cross-spectral densities of re-
ceived multi-channel signals to estimate the power spectral den-
sity (PSD) of signals and noise in order to derive a proper gain
for enhancement. However, as the aperture of the array de-
creases, correlation of noise becomes stronger, which makes
the distinction between noise and the desired signal weaker.
And the post�lters become unreliable. In our approach, an op-
timally modi�ed log spectral amplitude estimator (OM-LSA)
based post�lter [8] is adopted. This kind of method does not
need the difference of correlation between speech and noise,
making it more robust on small size arrays.

In order to precisely control the �lter adaptation in null-
forming, signal presence probability (SPP) derived from the
post�lter is employed. The update of the �lter coef�cients is
slowed down when the desired speech is present so that the sys-
tem is more robust to array imperfection or reverberation, as the
desired speech may leak into the reference channel. The inter-
action between the multichannel processing and the post�lter
leads to better noise cancelation and signal preservation thus
improves the system’s overall performance.

The remainder of the paper is organized as follows: Section
2 and 3 introduce auditory subband adaptive null-forming in
frequency domain and the post�ltering stage, respectively. In
Sect.4, the proposed algorithm is evaluated and compared with
other methods. Conclusions are drawn in Sect.5.

2. Adaptive Null-forming with Auditory
Subbands in Frequency Domain

2.1. Auditory Subband Adaptive Null-forming

The scheme of adaptive null-forming (ANF) assumes that
speech comes from the front and interferences come from the
back and the �ank of the array. It forms a forward and a back-
ward cardioid receiving pattern respectively by differentiation
in time domain to acquire and block the desired signal. And the
linear combination of the two signals results in cancelation of
interfering signals coming from a certain direction. [2]

Accepted after peer review of full paper
Copyright © 2008 ISCA

September 22-26, Brisbane Australia447

10
.2

14
37

/I
nt

er
sp

ee
ch

.2
00

8-
58



D(k)

D(k)

Auditory 
Grouping

Auditory 
Grouping …

…

Front Mic

Back Mic

+

+

-

-

Desired 
Speech

Interfering 
Speech

Other Noise & 
Interferences

STFT

STFT

…
…

Auditory 
Subband 
Adaptive 

Null-
forming in 
Frequency 

Domain

Enhanced Speech 
Components

Reference Components

Post-
filtering 

( )f n

( )b n

( )mF k

( )mB k

( )mX k

( )mY k

(1) ( )mY k

( ) ( )B
mY k

( ) ( )B
mX k

(1) ( )mX k

( )mZ k

( )mY k

ˆ ( )mS k

( )mp b

Signal Presence Probability

System 
Output

0º

180º

Figure 1: The framework of the proposed algorithm.

The performance of ANF will be in�uenced if there are
more than one interferences because only one zero point can
be formed. Functioning null-forming in subbands can improve
the system’s overall SNR gain as well as enable it to deal with
multiple interferences by forming independent zero points of
receiving pattern in different bands.

As speech is concerned, uniform subbanding may not be
the optimal choice. The energy of speech signal mainly central-
izes in low frequencies, so the signal in this area appears to be
stronger and contributes more to intelligibility, while in higher
frequencies, signal energy appears to be weaker. So it is reason-
able that nonuniform �lterbanks, instead of the uniform ones,
should be used to make the low frequency bands narrower to
increase the frequency resolution of analysis while in the high
frequency bands, the bandwidth should be broader to contain
more signal energy in order that the adaptive �lters may con-
verge more smoothly. This strategy also matches the perceptual
property of the human’s auditory system.

The implementation of auditory subbands in speech en-
hancement algorithms have been widely researched [9, 10].
And ANF with auditory subbanding scheme outperforms the
one using uniform �lterbanks with the same number of sub-
bands [3].

The computational cost in ASANF is mostly spent on three
aspects, 1)the analysis and synthesis �lterbanks, 2)�lter adap-
tation and 3)�ltering. However, if using frequency domain ap-
proach, FFT modules take the place of the �lterbanks, and the
cost on 2) and 3) is comparable in time and frequency domain.
As the FFT modules are always desired in post�ltering stage,
the cost on the �lterbanks is saved while using frequency do-
main method, which is described next.

2.2. The Frequency Domain Approach

Signals from the front and the back microphone (denoted as
f(n) and b(n) respectively) are segmented into temporal frames
and analyzed by short-time fourier transform (STFT).

f(n)
STFT−−−−→ Fm(k), b(n)

STFT−−−−→ Bm(k) (1)

in which m and k denote the index of temporal frames and fre-
quency bins, respectively. A delay vector D is used to execute
temporal delay that

D(k) = e−j2πfkd/c (2)

fk is the frequency which the kth bin of STFT represents. So
the signals of the forward and backward cardioid, X and Y
respectively, can be calculated as

Xm(k) = Fm(k)−D(k)Bm(k)

Ym(k) = Fm(k)D(k) −Bm(k) (3)

We regroup the frequency domain signal of each frame into
B groups according to the Bark scale. The bins within the bth
group is denoted as X(b)

m and Y
(b)
m respectively.

X
(b)
m = [ Xm(b1) Xm(b2) · · · ]T

Y
(b)
m = [ Ym(b1) Ym(b2) · · · ]T

(4)

where (b1, b2, · · · ) is the frequency index within the bth group
and (·)T denotes transpose operator. A �rst order adaptive �lter
(with the complex coef�cient wm(b)) is used to minimize the
output in bth band.

Z(b)
m = X(b)

m − wm(b)Y (b)
m (5)

Jm(b) = E[|Z(b)
m |2] = (Z(b)

m )H · Z(b)
m

= E[(X(b)
m − wm(b)Y (b)

m )H(X(b)
m −wm(b)Y (b)

m )]

(6)

Jm(b) denotes the energy in bth band, (·)H is the Hermitian
transpose operator and E[·] is the expectation operator. Mini-
mizing J

(b)
m leads to

wopt
m (b) =

RY X
m (b)

RY Y
m (b)

if
dJm(b)

dw
(b)
m

= 0 (7)

where

RYX
m (b) = E[(Y (b)

m )HX(b)
m ] (8)

RY Y
m (b) = E[(Y (b)

m )HY (b)
m ] (9)

The above expectations can be estimated by smoothing
across consecutive frames as

RY X
m (b) = αRY X

m−1(b) + (1− α)(Y (b)
m )HX(b)

m

RY Y
m (b) = αRY Y

m−1(b) + (1− α)(Y (b)
m )HY (b)

m (10)

in which 0 < α < 1.
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Figure 2: Magnitude-squared coherence under different inter-
microphone distances.

2.3. Constrained Adaptation of Filter coef�cients

In practical implementations, the target speaker may not stay
precisely at 0◦. Even so, the desired speech will also leak into
the reference signal (Y ) due to echo and reverberation character
of the room. Furthermore, the position and frequency response
of the microphones may not be as precise as expected, leading
to imperfect cancelation of the desired speech in the reference
channel. So the minimization of J(b)

m in Eq.(6) does not nec-
essarily lead to maximization of output SNR, instead, a certain
proportion of speech signal will be canceled as a result. The
leakage will also cause false �uctuations of �lter coef�cients.

To improve the system’s robustness against the adversities
mentioned above, it is preferable that the updating rate of the
adaptive �lters should be controlled according to the presence
of the desired speech. When the desired speech is present, up-
date mentioned in Eq.(10) should be slowed down. So α in the
equation must vary in different bands and temporal frames.

αm(b) = αd + (1− αd) · pm(b) (11)

p
(b)
m is the signal presence probability (SPP) derived from the

post�lter described in the next section, 0 < αd < 1.
In [2], it is mentioned that �lter coef�cient (in time do-

main) must be within (−1, 1) to avoid cancelation of the desired
speech. This is guaranteed in our approach by constraining the
norm of the coef�cient in each band, as

wm(b) =
wm(b)

|wm(b)| , if |wm(b)| > 1 (12)

3. SPP-based Post�lter
Traditional post�lters are usually based on estimating auto-
and cross-spectral densities to derive gain functions for en-
hancement. The performance of these post�lters will drop
when smaller array aperture and fewer microphones are used
[11]. Employing the knowledge of the noise �eld [6] improves
the performance on some smaller arrays. However as shown
in Fig.2, the magnitude-squared coherence (MSC), which de-
scribes the level of coherence of the noise �eld, increase fast
while the distance between microphones drops from 10cm to
2cm, making the coherence-based post�lters less robust. Be-
sides, the assumption of diffuse noise �eld can not always be
perfectly met, especially when there are directional interfer-
ences.

Signal presence probability-based post�lters [8], however,
do not need the information of coherence, thus will not be in�u-
enced by the problem of reduced array aperture in this manner.

Desired 
Speech

Music

90°
135°

Interfering 
Speaker

Figure 3: Con�gure of the evaluation

Therefore it is suitable for compact arrays and is adapted in our
approach.

The post�lter estimates the EM gain [12] GEM
m (k) and

SPP Pm(k) in the mth frame. And �nal gain for enhancement
Gm(k) is reached by

Gm(k) = (GEM
m (k))Pm(k)G

1−Pm(k)
min (13)

where Gmin is the minimum gain allowed. And the system
output is given by

Ŝm(k) = Gm(k)·Zm(k) (14)

As mentioned in Sect.2.3, SPP in each auditory subband is
needed for constraining �lter updates. This can be achieved by

pm(b) =
1

Mb

X

i=b1,b2,...

Pm(i) (15)

in which Mb is the number of frequency bins within the bth
subband.

4. Evaluations
The microphone array used in this work is composed with 2
omni-directional microphones in end-�re orientation. The dis-
tance between the microphones is set to be 2.125cm. The sys-
tem is implemented under a sampling rate of 16KHz.

The experiment is taken in a conference room of about
6m× 5m× 3m with a reverberation time of 300ms. As shown
in Fig.3, two loudspeakers acting as interferences (a compet-
ing speaker and a music source) are located in 90◦ and −135◦
of the array. And the desired speech is generated by computer
simulation within a virtual room with the same size and rever-
beration time of the conference room in which the interferences
are recorded, so that clean speech signal can be obtained for ob-
jective measurements. All the sound sources are 1m away from
the array. And the noisy signals are thus mixed under various
SNR.

For comparison, the multichannel noisy speech is processed
with six methods listed below.

1. The delay-and-sum beamformer (DS).

2. The original adaptive null-forming algorithm (ANF) [2].

3. Auditory subband adaptive null-forming in time domain
(ASANF-TD) [3].

4. Auditory subband adaptive null-forming in frequency
domain. (ASANF-FD)
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Figure 4: Performance comparison under different noise level among the signal recorded by one of the two microphones (◦), DS (+),
ANF (∇), ASANF-TD (×), ASANF-FD (•), ASANF-FD+PCAF (∗) and ASANF-FD+PCAF+PF (�).

Table 1: PESQ-MOS scores.
input SNR(dB) -5 -2.5 0 2.5 5

Noisy 1.20 0.97 1.73 1.77 1.89
Delay-and-Sum 1.05 1.04 1.80 1.87 1.97

ANF 1.94 2.09 2.24 2.40 2.56
ASANF-TD 2.04 2.18 2.33 2.46 2.63
ASANF-FD 2.17 2.31 2.45 2.59 2.73

ASANF-FD+PCAF 2.21 2.36 2.51 2.67 2.80
ASANF-FD+PCAF+PF 2.31 2.47 2.61 2.72 2.81

5. ASANF-FD with probability constrained adaptive �lters.
(ASANF-FD+PCAF) (Note that the post�ltering module
is executed for SPP, but the gain function is not applied).

6. ASANF-FD with probability constrained adaptive �lters
and the post�lter. (ASANF-FD+PCAF+PF)

The result of the above methods is evaluated in Segmental
SNR (SSNR), Noise Reduction (NR) and log-spectral distance
(LSD) [8], and is shown in Fig.4.

The proposed algorithm shows great advantage in noise
reduction compared to the rest, as can be seen in Fig.4(a)
and Fig.4(b). Auditory subband adaptive null-forming outper-
form the original one, showing its advantage to cancel multi-
ple interferences. And its frequency domain implementation
brings about considerable improvement while greatly reducing
its computational complexity. Constraining the adaptation of
adaptive �lters also contributes to the performance. Through
observing Fig.4(c), it can be concluded that the proposed meth-
ods provide better signal preservation. To further demonstrate
this point, PESQ-MOS is employed, as shown in Table 1.

5. Conclusions

In this paper, a small size microphone array based speech en-
hancement algorithm is proposed, which features a frequency
domain approach of adaptive null-forming algorithm and a post-
�ltering module. The ability of null-forming is considerably en-
hanced by its auditory subbanding scheme and probability con-
strained adaptive �lters. The relatively small array size makes
it highly suitable to implement on mobile devices and hearing
aids equipments.
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